Abstract One of the major issues in time-critical medical applications using wireless technology is the size of the payload packet, which is generally designed to be very small to improve the transmission process. Using small packets to transmit continuous ECG data is still costly. Thus, data compression is commonly used to reduce the huge amount of ECG data transmitted through telecardiology devices. In this paper, a new ECG compression scheme is introduced to ensure that the compressed ECG segments fit into the available limited payload packets, while maintaining a fixed CR to preserve the diagnostic information. The scheme automatically divides the ECG block into segments, while maintaining other compression parameters fixed. This scheme adopts discrete wavelet transform (DWT) method to decompose the ECG data, bit-field preserving (BFP) preserve the quality of the DWT coefficients, and a modified running-length encoding (RLE) scheme to encode the coefficients. The proposed dynamic compression scheme showed promising results with a percentage packet reduction (PR) of about 85.39% at low percentage root-mean square difference (PRD) values, less than 1%. ECG records from MIT-BIH Arrhythmia Database were used to test the proposed method. The simulation results showed promising performance that satisfies the needs of portable telecardiology systems, like the limited payload size and low power consumption.
Introduction
Transmission of biomedical signals through wireless body area sensor (WBAN) technology promises to offer efficient real-time health monitoring services and automated diagnostic procedures. The collected biomedical signals over a long period of time require a large amount of storage capabilities. Thus, compression is introduced to reduce the storage space and transmission cost. At the same time, the critical diagnostic information and signal quality need to be preserved while compression. The Electrocardiogram (ECG) signal is a commonly monitored biomedical signal that assesses the heart condition. From the ECG signal, cardiologists can detect arrhythmias that may reveal the existence of some cardiac diseases. Since cardiologists need huge amount of ECG data for diagnosis, this ECG data have to be compressed while storage [1] .
In case of remote monitoring through wireless transmission using portable devices, compression is necessary to reduce the payload packets, transmission rate and power consumed by the RF antenna [2, 3] . Some of the current hardware and software technologies used for WBAN nodes might introduce some limitations in the implementation of complex compression algorithms, which contain multiplication and complex math functions like logarithm (log) and square-root (sqrt). Therefore, the algorithm should be designed with low complexity to reduce the computational power since the sensors are powered by low-power batteries.
Discrete Wavelet Transform (DWT) method is widely employed for biomedical signal analysis due its powerful capabilities in analyzing signals in both time and frequency domains [4] [5] [6] [7] [8] [9] [10] . The DWT decomposes the original signal into subband coefficients that represent the measure of similarity in frequency content between the signal and the chosen wavelet function [11] . Decomposing the ECG signals into subband coefficients allows high separation between the noise and the dominant ECG morphology like the QRS waveform. In addition, in subbands the ECG's iso-electric pauses and redundant data are clearly visible. Thus, their statistical redundancy can be highly encoded without losing significant diagnostic information. The compression procedure is conducted on these subband coefficients using different coding techniques such as: the set partitioning in hierarchical tree (SPIHT) coding [6, 12] , vector quantization (VQ) [13] , construction of the classified signature and envelope vector sets (CSEVS) [14] and energy package efficiency (EPE) [15] . These DWT-based compression techniques achieved high compression performance compared to other methods that code the redundancy of the original time signal.
The main challenges associated with real-time ECG compression methods are: the quality of the reconstructed signal, the compression ratio (CR), the execution time and computational power. The CR is an important factor to transmit the data as fast as possible [16] . Some of the encoding methods can be complex to implement on FPGA's or basic microcontrollers since they require high computational costs and power. Thus, Chan et al. proposed a simple and forward encoding scheme to compress the DWT coefficients using bit-field preserving (BFP) and running length encoding (RLE) algorithms [7] , and it was tested and validated on an FPGA system [17] . The DWT-BFP-RLE method is simple to implement since it allows forward data processing compared to other methods that require sorting and heavy computations.
For critical-time medical applications, the payload packets of the telecardiology systems are typically designed with small sizes of 40 to 60 bytes to increase the delivery rate [18] . In practice, to fit the ECG segment into a payload packet, it is compressed at the expense of losing some diagnostic information. In fact, the error and CR are in trade-off relationship i.e., increasing the CR results in higher error.
Thus, the designer of the WBAN system must account for the duration (or number of samples) taken during transmission, because huge number of ECG samples requires higher CR to fit into the maximum payload available. In some work in literature [4, 19, 20] , the error is controlled by a closed loop to ensure that the reconstructed signal can be used for clinical evaluation. The closed loop involves manipulation of some compression parameters to attain the payload constrain. Generally, these methods simply attain the size of the compressed segment by varying the compression parameters (which compromise on the quality of the reconstructed signal) to push it into the maximum payload available.
By reviewing literature, effective solutions were not found yet for the issue of controlling the size of compressed ECG data while retaining the clinical quality. Thus, we were motivated to design a new ECG compression scheme, based on DWT-BFP-RLE compression algorithm [7] , which ensures that the compressed segments fit into the available payload packet while maintaining the CR to preserve the diagnostic information. By considering the size of the payload packet this method overcomes the limitations of the other methods. The proposed method automatically divides the ECG block of size N s into segments while fixing the other compression parameters. For validation, ECG records from MIT-BIH Arrhythmia Database are used. This paper is organized as follows: first, "Methods" describes the discrete wavelet transform based compression method, and "Proposed dynamic compression scheme" introduces the proposed dynamic compression scheme for filling the payload packets. "Evaluation scheme" describes the performance matrices and datasets used to validate the method and then "Experimental results and discussion" presents the results and discusses the outcomes. Finally, "Conclusions" draws the conclusions and discusses the future work.
Methods

Discrete wavelet transform
Wavelet transform (WT) is a signal processing tool that represents the signal in both time and frequency domains. WT provides a good localization resolution and is suitable for the analysis of non-stationary signals like ECGs [21] . The discrete wavelet transform (DWT) is a special form of the continuous wavelet transform (CWT) which uses discrete wavelet functions [22] .
The CWT is the correlation between a wavelet function ψ a,b (t) and a time domain signal f(t) given by:
where a is the scaling coefficient and b is the translation coefficient, and both are real continuous numbers with a > 0 and b ≥ 0. The wavelet function is defined as:
The DWT removes the redundancy of CWT by discretizing the wavelet coefficients as
where
where n represents the discrete time index. Usually, a 0 is set to 2 and b 0 to 1, to have a dyadic grid function which produces dyadic (hyperbolic) grids instead of linear grids [11] . Dyadic grids are the simplest and most efficient way of discretization. Consequently, Eq. 2 can be written as
This DWT equation can be implemented efficiently using Mallat implementation algorithm [22] , which is based on orthogonal and biorthogonal filter banks. It decomposes the signal into subbands using two types of finite impulse response (FIR) filter arrangements; high-pass filters with coefficients h(n) and low-pass filters with coefficients g(n). The high-pass filter produces the wavelet detail coefficients d n and the low-pass filter produces the wavelet approximation coefficients a n , where n = 1, 2, ..J , and J is the highest decomposition level as shown in Fig. 1 . Using the low-pass filter, the approximation coefficient a 1 can be further decomposed into two subbands in the next decomposition level and so on up to d J and a J [23] . A down-sampling operation by a factor of 2 (↓ 2) is applied after each filter.
The subband coefficients resulted from the filter bank structure are further encoded. The lower subband coefficients of the ECG signal contain most of the energy spectrum, hence more bits have to be preserved in these subbands. On the other hand, since the higher subband coefficients have more noise-like signals which are not important, less bits are preserved and encoded. As a result, this encoding technique can achieve high compression performance. The original signal can be reconstructed from the encoded subband coefficients using reconstruction filters, which are mirrors of the decomposition filters. This type of filters is called quadrature mirror filters (QMF) [24] [25] [26] . In this work, the commonly used filter banks for ECG analysis such as Daubechies (Db) [27] , Biorthogonal (bior), Coiflet (coif), Symmlet (sym), Morlet (morl) are used.
Compression based on DWT and thresholding
ECG decomposition using wavelet filter banks
Decomposition levels 4 to 6 are commonly used in DWTbased ECG compression methods since most of the ECG energy is confined to these bands [8] . Figure 2 shows a decomposed ECG signal using J = 5. It is clear that the first three subbands (d 1 , d 2 and d 3 ) contain noise and highfrequency ECG morphologies, like QRS complex peaks. The two remaining subbands contain low-frequency ECG components such as P, T and U waveforms. Thus, using wavelet functions that have similar morphology to the QRS complex, such as Daubechies (Db) wavelet, minute details of ECG signals can be preserved while only keeping a small number of coefficients, leading to an efficient coding [28, 29] . Generally, the compression performance is highly dependent on the morphology of the mother wavelet and the ECG information of interest.
In this work, the mean of the approximation coefficient a 4 is subtracted before threshodling and encoding, and then it is added later on at the reconstruction stage. This step is similar to removing the mean of the original signal before decomposition, but it is much faster in case of using FPGAs or microcontrollers due to the less number of samples in a 4 compared to the original signal.
Lowpass filter highpass filter Original Signal
Thresholding and bit-preserving
After decomposing the signal into subband coefficients using DWT, the signal part which has low power will produce very low coefficient values. These insignificant coefficients can be set to zeros without losing significant information [30] . A threshold value (λ) is calculated to define the level of the insignificant coefficients. This threshold is obtained either globally for all of the subbands or locally for each subband. The local, or adaptive, threshold showed better results compared to the global threshold [31] . One of the commonly used adaptive thresholds is provided in Eq. 5, which is proposed by [32] .
where, σ is the standard deviation of the signal's noise and N d n is the number of samples in the n th subband (d n ). However, this standard deviation computation method is generally used for offline methods since it requires postprocessing of the whole signal [33] . Thus, it is not adapted for real-time algorithms. In [7] , Chan et al. proposed a new thresholding technique based on the bit-field preserving scheme. This scheme depends on the number of bits of interest (BOI) in the significant coefficients. BOI can be any stream of bits of length I Sb between bit 0 to M-1. Preserving few bits from the coefficients will introduce a truncation error while decompression/reconstruction at the expense of increasing the CR. Thus, the bit-field preserving (BFP) scheme is used to reduce the truncation error by preserving most of the bits. BFP involves adding a rounding coefficient C round to each subband coefficient. In this work, thresholding and BFP are performed as follows:
i. Find the bit-depth value of each subband (B Sb ), which is the most signicant bit of the maximum coefficient in the subband,
ii. Select the desired preserved bit-length (I Sb ) for each subband coefficient. iii. Calculate the rounding coefficient as C round = 2 B Sb −I Sb . iv. Apply a round-off mechanism by adding C round to each coefficient in the subband. v. Calculate the new bit-depth (B n ). If the new B n is greater than current B Sb , the B Sb is updated as B n . vi. Calculate the new subbands encoding thresholds as λ Sb = 2 B n −I Sb +1 . vi. Apply the encoding thresholds λ Sb to each subband coefficient by setting the insignificant coefficients, less than the absolute value of threshold, to zeros (Fig. 2 ). viii. For each significant coefficient, greater than λ Sb , extract the BOI, BOI length and B n .
More detailed description of the BFP technique and the round-off mechanism is found in [7, 17] . In this work, the BFP technique accounts for the sign of the coefficients as followŝ
The compression performance is controlled by the preservedlengths I Sb , where Sb stands for the subband coefficients
., d J and a J . As shown from Fig. 3a , BOI are the bits from B Sb + 1 to B Sb − I Sb + 1 and I Sb is the length of these bits. In this works, each BOI is stored into one byte and the same for BOI range. Thus, I Sb is no more than 7 bits (i.e. bits 0 to 6 hold the extracted bits and bit 7 for the sign bit). The negative coefficient is treated as the positive coefficient by taking the absolute value, but the sign bit will be set to 1.
Encoding and data mapping
The encoding step is conducted in three steps. First, for each significant coefficient, greater or equal to λ Sb , a one (1) is sent to the significant map (SM) and the BOI including the sign bit at the (B Sb + 1) th are sent to the BOI packet. On the other hand, for each insignicant coefficient a zero (0) is sent to the SM but no BOI are extracted. Thus, the generated SM packet will hold 1's and 0's that indicate the order of significant and insignificant bytes in each subband, respectively. Second, each 8 bits from the SM are bundled as one byte. Thus, each subband with N samples will have N/8 SM packets.
To illustrate the thresholding, BFP and SM bits generation step, Fig. 4 shows an example of these steps on one of the decomposed ECG subbands. The C round is calculated from the maximum absolute coefficient to conduct the BFP step and then λ Sb is calculated after the roundoff procedure. The reconstructed subband shows the amount of change in each coefficient and the restored significant coefficients. In addition, Fig. 4 shows the SM values corresponding to each coefficient along with the final SM byte representation. Since SM is holding a lot of redundant 0's, it can be further compressed using running-length encoding (RLE) scheme and this is the third step in the encoding process. RLE replaces the consecutive zero bytes with only two bytes; a byte with a zero value and a byte representing the number of consecutive zeros, i.e. SM bytes= [ 10000001 11100000 00000000 00000000 00000000 00000000 00000000 00000000 00011110 00000000 00000000 00000000 00000000 00000000 00000000 00000011
Packetization
Before transmission, the encoded and extracted data have to be packetized in a clear format which allows fast reconstruction at the receiver side. The final packetized compressed segment is illustrated Fig. 3b . The final compressed packet holds the headers, BOI, SM and the mean of a J . Table 1 shows the sizes of the packets in the compressed segment which holds the following information in sequence:
i. We assume that the packets arrive in sequence at the receiver side and ready for decompression and decoding. The packets' error detection task is conducted by the communication link, which adds the cyclic redundancy check (CRC) protocol to the packets before transmission [34] . To decompress the packets, only the type of the wavelet filter and level of decomposition have to be provided, while the other information are retrieved from the compressed packets.
Wavelet selection to avoid signal distortion
The present study addresses the issue of the limited payload size in the telecardiology systems and how to overcome this issue by dividing the ECG data into smaller segments. Hence, the selected wavelet function has to count for the case of small segments. The length of the wavelet filter (L) has to be no more than twice the length of the data segment (N s ). Otherwise, the signal will be distorted at the edges [35, 36] . In the case of the decomposed subbands, it is enough to check the length of the last decomposed subband, N d J or N a J . This criterion can be simply expressed as
where, N d J is equal to N s /2 J and it corresponds to the length of the last decomposed subband coefficient using J decomposition levels. For example, if the data length is N s = 64 and the decomposition level J = 4. Then, the signal will be decomposed into 5 subband coefficients C = [d 1 , d 2 , d 3 , d 4 , a 4 ] of lengths N d n = [32, 16, 8, 4, 4] . Since N d 4 is equal to 4, then the selected wavelet filter has to be of length L ≤ 2×4 = 8. Db4 with L = 8 is suitable in this case but daubechies with higher order will cause distortion to the signal, although increasing the order of the FIR filter increases the efficiency of the filtering scheme.
We partially solve the issue of distortion by initializing the length of the subband coefficient as N d j + L but mainly we try not to use the wavelet filters with L > 2N d J .
Proposed dynamic compression scheme
In this study, the DWT-BFP-RLE compression algorithm described in "Compression based on DWT and thresholding" has been adopted and modified for the portable mobile telecardiology systems. Since, the new scheme tackles the case of the limited payload size, it is endowed with automatic mechanism that controls the size of the compressed segments. The modified scheme is called "DWT Dynamic Compression Scheme". It dynamically checks whether the size of the compressed segment fits into the available payload before transmission. The main objective of this scheme is to maintain the compression level instead of increasing it and losing the diagnostic information. Figure 5 shows the general structure of the proposed dynamic compression scheme. The scheme is summarized in the following steps:
Step 1. Store N s = 2 n ECG samples into a buffer block. Compress the samples using DWT-BFP-RLE compression algorithm and packetize them as described in "Packetization".
Step 2. Check the size of the compressed segment. If the size of the compressed segment is less than or equal to the maximum allowable number of bytes (M), transmit the segment. Note that in case the compressed segment is < M, zeros are padded to the segment to fill the payload.
Step 3. Otherwise, if the compressed segment > M, divide the uncompressed ECG samples stored in the buffer into two new segments each with size
Step 4. Check the size of the new segments N 2 before compression; if the size of samples (2 × N 2 Bytes) is less than M bytes, packetize and send them without compression by adding one header which is N s = 0. The zero value indicates that the data was not compressed and it does not require decompression at the receiver side.
Step 5. Otherwise, apply the compression algorithm onto each segment separately, but in the correct sequence, where the first half of the data is to be compressed and transmitted first.
Step 6. Go back to step 2 and repeat the process onto the new divided segments until all of the data are transmitted.
The total number of generated compressed packets depends on the I Sb values and the selected wavelet. Using these two parameters we try to compromise between the compression performance and the total number of packets generated. According to wavelet selection criteria in "Wavelet selection to avoid signal distortion", this scheme is modified to check the competence of the wavelet with the desired decomposition level J and the size of the ECG block N s .
Evaluation scheme Dataset
To validate the proposed scheme, ECG records from MIT-BIH Arrhythmia Database (MITDB) are used [37] . This database contains 48 half an hour two-channel ambulatory ECG recordings, obtained from 47 subjects studied by the BIH Arrhythmia Laboratory. The records are digitally sampled at 360 Hz using 11-bit resolution over a ±5mV range, which means that the bit-length is I ECG = 11. To prepare the ECG signal for compression, the data of range ±5mV was mapped to its raw ADC format of -1024 to 1023 to imitate the format of the packets in the real hardware implementation (microcontrollers or FPGAs).
Performance metrices
To test the performance of the proposed compression algorithm, three standard measures are adopted; the compression ratio, the error or distortion amount between the original and the reconstructed signal, and the quality of the algorithm. The compression ratio (CR) is defined as the ratio between the number of bits representing the original signal and the number of bits of the compressed packet. CR is calculated as follows: where Ns is the block size or the number of ECG samples taken for compression and I ECG is the number of bits in each ECG sample and it is equal to 11. N Comp represents the number of bytes in the compressed segment and they are multiplied by 8 to get the total number of bits in them.
The percentage root-mean square difference (PRD) is the most commonly used error measure in literature [1] . PRD represents the distortion amount between the original ECG signal x org and the reconstructed/decompressed signal x rec and it is defined by:
where N s denotes the block size. The mean of x org and x rec is removed since it can mask the real performance of the algorithm [38] . To show the correlation between the compression performance and the amount of distortion, a quality score (QS) measure was introduced by [39] . Practically, QS is the ratio between CR and PRD as given by Eq. 9 and it represents the quality of the method.
QS = CR P RD (9)
The higher the quality score, the better is the compression performance.
In order to evaluate the dynamic compression scheme, we introduced a new measure, called the packet reduction (PR) determined by Eq. 10, which measures the percentage amount of reduction in the number of generated packets while compression. (10) where, N Raw is the number of raw transmitted packets in case of no compression and N Compression is the number of compressed packets generated by the dynamic compression scheme for the same number of the raw samples. Since each sample has a resolution of 11-bits, which requires 2 bytes to hold it, then N Raw = 2 × N s .
Experimental results and discussion
Before running the proposed dynamic compression scheme, the modified DWT-BFP-RLE compression algorithm is validated using four different decomposition levels (J = 3 to 6) and five different commonly used mother wavelet functions (Db4, Db5, sym4, sym6 and bior4.4). Then, the compression parameters are selected to validate the dynamic compression scheme. The preserved lengths I Sb are selected to be short for the higher subbands to reduce the noise level and to pick up the important coefficients only. While for the lower subbands I Sb lengths are set to be large up to 6 for a J to preserve the bits of the important coefficients as much as possible. Before conducting the compression algorithm, the whole records of MITDB are divided into blocks of size 1024. This means that the size of the final subband coefficient N d 6 = 16 samples. According to "Wavelet selection to avoid signal distortion", the wavelet filters Db5, sym6 and bior4.4 with L = 10, 12 and 10, will distort the signal. To avoid this distortion, we have studied their behavior until J = 5.
To obtain the average compression results, the compression algorithm is performed on the sub-blocks first. Second, the average performance matrices (CR and PRD) of each record are obtained as the blocks averages. Finally, The total average of the database is calculated from the records' averages. Figure 6a From Fig. 6b it is quite clear that the PRD error increases steadily with the decomposition level. This means that the more subbands are encoded, the more detail coefficients are discarded in the higher levels. Bior4.4 achieved the lowest PRD values of 1.14%, 1.25% and 1.29% at J = 3-5. In general, the wavelets maintained close PRD values at each decomposition level.
To select the best wavelet and decomposition level, the QS measure is obtained as illustrated in Fig. 7 . Based on the QS results, bior4.4 shows the highest QS values and the peak values are 7.60 and 7.59 at J = 4 and 5, respectively. It is also noted that sym4 gives very close QS performance to bior4.4 and the peak values are 7.54 and 7.49 at J = 4 and 5 as well. Therefore, we decided to adopt both bior4.4 and sym4 wavelets with J = 4 to study our proposed dynamic compression scheme described in "Proposed dynamic compression scheme". Different preserved lengths were also studied in this work and it was concluded that increasing the length of the preserved lengths increases the quality of the reconstructed signal but decreases the CR. On the other hand, setting short preserved lengths increases the CR but decreases the quality of the signal. The effect of changing the preserved lengths on the first 1024 samples of the compressed signal is shown in Fig. 8 , where the signal is mostly preserved in the first and second case with smoothed low-level noise. In the third case, the signal lost some details and some peaks were attenuated due to the very low preserved lengths.
Comparison to other methods
Previous works in literature took the first 10 minutes of the MITDB record 117 for evaluation [6] . Here we adopted the same record and the block size was set to N s = 1024. A comparison between the proposed method and other developed methods is given in Table 2 . The comparison results show that modified DWT-BFP-RLE scheme outperforms the other developed methods by achieving small PRD errors with relatively the same CRs. The QS results validate the good compression performance and low reconstruction error compared to the other methods.
Performance of dynamic compression scheme
To validate the dynamic compression scheme, it is assumed that the maximum available payload size (M) is 70 bytes, which imitates the experimental setup proposed in reference [42] . Thus, according to Eq. 7, the CR should not be less than 1. 13 Dynamic compression results using I Sb = [2, 3, 3, 5, 6] . From top to bottom, the original MIT-BIH record 117, the reconstructed signal using bior4.4 and using sym4
Fig. 14 Dynamic compression results using I Sb = [3, 3, 3, 5, 6] . From top to bottom, the original MIT-BIH record 117, the reconstructed signal using bior4.4 and using sym4 minutes of ECG signal is transmitted and this signal has to be divided, compressed and packetized before transmission. The number of packets required to send 5 minutes of raw ECG data (un-compressed) using a payload of of size 70 bytes is N Raw ≈ 3,086 packets (5 minutes × 60 seconds × 360 Hz × 2 Bytes / 70 Bytes), since each ECG sample is represented by 2 bytes.
The dynamic compression scheme, described in "Proposed dynamic compression scheme", was applied on the ECG records using both sym4 and bior4.4 mother wavelets with J = 4 levels and using six different I Sb combinations: [1, 2, 4, 5, 6] , [2, 3, 3, 4, 6] , [2, 3, 3, 5, 6] , [3, 3, 3, 5, 6] , [2, 4, 4, 5, 6] and [3, 4, 4, 5, 6] . Table 3 [2, 3, 3, 5, 6] . From top to bottom, the original MIT-BIH record 100, the reconstructed signal using bior4.4 and using sym4 [3, 3, 3, 5, 6] . For low I Sb combination, CR go up to 6.00:1 for both sym4 and bior4.4 as shown in Fig. 11a. From Fig. 11b , sym4 shows lower PRD results compared to bior4.4 and it has a linear decreasing trend as I Sb values increases. The maximum PRD is less than 1.00% and it reaches a minimum value of 0.28%.
From Fig. 12a , we can see that N Compression is inversely related to CR for all of the ECG records studied. PR in Fig. 12b ranges from 85.39% to 59.85% at 5.91:1 and 2.16:1 CR, respectively. These PR values are sufficient enough to reduce the power consumed in the real hardware systems. Also, the dynamic compression scheme generated less number of packets ranging between 461 and 1239 packets compared to the raw data which require 3,086 packets. This reduction boosts the battery's life of the portable Fig. 17 Dynamic compression results using I Sb = [2, 4, 4, 5, 6] . From top to bottom, the original MIT-BIH record 207, the reconstructed signal using bior4.4 and using sym4 telecardiology devices by reducing the power consumed using transmission. However, the user of the scheme have to seek a good trade-off between the number of compressed packets and the compression performance.
To reveal the visual quality of the dynamic compression scheme, the original ECG signal and the reconstructed signal using different I Sb combination obtained with sym4 and bior4.4 for MITDB records 100, 117 and 207 are shown in Figs. 13, 14, 15, 16 and 17 . Figure 13 demonstrates the results of the first 1,536 samples (4.26 seconds) of MITDB record 117 using I Sb = [2, 3, 3, 5, 6] . The lines in the plots indicates how the signal was divided into packets, where it is clear that the scheme generated 9 and 8 compressed packets using bior4.4 and sym4, respectively. In fact, we need 44 packets each with 70 bytes payload to transmit raw 1,536 samples, which means that we reduced the amount of packets by 20.45% and 18.18%, and the PR achieved 79.45% and 81.81% using bior4.4 and sym4, respectively. Furthermore, the average and standard deviation of CR and the total PRD (at the right side of the plots) show that sym4 gives better compression performance.
The results of using different I Sb combination on the same ECG record is shown in Fig. 14 . I Sb = [3, 3, 3, 5, 6] resulted in N Compression = 7 packets for both bior4.4 and sym4. Although bior4.4 produces higher average CR than sym4, sym4 produces lower PRD value. The same procedure is conducted on MITDB record 100 and the results are clear in Figs. 15 and 16 , but some of the generated packets are distorted at the edges in case of bior4.4 wavelet, while sym4 maintained the quality of the signal. This distortion is also clear in Fig. 17 on MITDB record 207 using I Sb = [2, 4, 4, 5, 6] .
The introduced distortion in the reconstructed packets, indicated by the red dashed circles, is because of the small size of the ECG segment, N = 64, compared to the size of the wavelet filter, which is L = 10 for bior4.4. In fact, the I Sb combination selected in Figs. 16 and 17 generated a lot of packets, up to 18 N Compression , with few number of samples and from it the distortion was generated. The distortion can lead to losing some diagnostic information and introducing extra artifacts. Therefore, from the demonstration results it is recommended to adopt wavelet filters with suitable lengths when implementing the proposed DWT dynamic compression scheme to preserve the diagnostic information.
Conclusions
In this work, we introduced a novel ECG compression scheme that considers the limited size of the payload packets in low power portable telecardiology systems. The scheme controls the length of the compressed block dynamically while maintaining the CR and the diagnostic information. It is based on the DWT method, which decomposes the signal into subband coefficients, RLE scheme to encode the data and BFP method to preserve the coefficients before encoding. For efficient transmission, a packetization scheme for the compressed data was designed to minimize the headers and increase the space for compressed data.
The proposed scheme achieved expectation by its ability of controlling the size of the compressed packets dynamically, by checking if the compressed packet is exceeding the maximum available payload. The scheme automatically divides the ECG block of samples into smaller segments while preserving the CR instead of increasing it, where increasing it might increase the residual error in the reconstructed signal. Experimental results obtained from using the MIT-BIH Arrhythmia Database showed that the efficiency of the system can be highly increased by reducing the number of packets generated. In addition, the obtained results showed the superiority of the proposed scheme by achieving a packet reduction up to 85.39% at PRD values less than 1%. Moreover, it was shown that the length of the wavelet filter is crucial in case of compressing small segments to avoid distortion in the reconstructed signal. Nevertheless, further improvement can be done on this method to achieve higher CR and QS. Our future direction is to implement the method on ultra-low power hardware since the initial indication shows promising results.
